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Digital Importa 




> Simplicity of digital Circuit design, 

> Ease of applying IC Technologies, 

> Widespread use of computers in 
handling all forms of data, 

> Using of coding to minimize effects 
of noise and interference, 

> Using of digital signal processing, 
compression, scrambling, ...etc. 



Sampling 

Theory 



A periodic pulse train expanded by 
Fourier series to: 
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Sampling Operation 
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pie r* Output 


□ The sampler (product output) will be: 

Mt) = f(t)s(t) 
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□ Assume /(t) baseband signal of maximum 
t requency f m and T s = 1 / 2/ m the output is: 
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Sampler Spectrum 




Sampling Rate 
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Aliasing 
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These samples should be added 



Types of Sampling 


□ Instantaneous Sampling: 



□ Hardly feasible. 

□ Samples at transmitting end have infinitesimal energy 

□ Received samples will be infinitesimally small 


□ Natural Sampling: ^ 

□ Samples top take the shape of original signal. 

□ Received samples can not maintain its shape. 

□ Flat Top Sampling: cj> 

□ It has the merit of simplifying design. 

□ It introduces some distortion. 


Instantaneous Sampling 
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N atural Flat Top 



Fig. 1,7 PAM (Natural Sampling) 


Fig.l.SPAM (Flat-top Sampling) 





Time Division MjSfcilexing 

and 

Sampling Principle 
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Communication 

Channel 


Sample and Hold 


Assume that N signals are being time 
division multiplexed TDM: 

□ As N increases, r/T s = 1/N becomes smaller and 


so does the output signal 

□ One method is to use amplifiers which may 
introduce noise. 

□ Or sample pulses are extended or hold until the 
occurrence of the next sample. 
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□ It has the advantage of filtering being adequate, 

□ Disadvantage that some distortion must be accepted. 



Sample and Hold 
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(b) Sample and Hold 
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jiecDvery »f PAM 

> Using LPF: 

> Using sample 8 hold 
Circuit and LPF 
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►r Crossta Jk 


□ Cornmunication channel: o 

□ Has got a definite bandwidth, or 

□ Has been given a limited bandwidth. 


□ While, Spectrum of the sampled signal 

extends to infinity* This introduces crosstalk: 

□ Due to the high frequency cutoff of channel. 

□ Due to the low frequency cutoff of channel 


□ iUjY! tu si '/Did? by instantaneous sampling 



Definite Bandwidth i 



Commumcation channel 



Sampling Output Spectrum 
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High Feijue / Cutofi 

□ Model : Channel as an RC Circuit LPF. 

□ Its upper frequency 3dB cutolf: 

fwt@h Freqvimey Cm t&f f = flJFF = 2 ItRC 

□ Significant: only between adjacent time 
slots. 

□ Minimize: Channel time constant r c = RC 
is very small compared to guard interval: 

t c « Tg 


Model 

High Fraqum y CutofT 
of the Jh'jnnel 



Communication channel 



Fi g. 1.10. Crosstalk due to the Upper Cutoff 


Mjglj asstalk H'at or 

□ If channel 2 is empty and input pulse is of 
value V then the crosstalk factor is given: 
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ow Freijue ly CuteJT 

□ Model : Channel as an RC HPF Circuit. 

□ Its low frequency 3dB cutol f: 

fl&w Ftiqwncy Gutaf f “ fttPF m 2 mRC 


□ Sample pulse in TS j develops exponential 
tilt in TS 2 given by: 

tilt = A = v(l - e~) 

□ Significant : Extends to several time slots. 


Model 

Low Frequency Cutoff 
of the Channel 



Communication channel 



Fig.1,11. Crosstalk due to the Lower Cutoff 


ow C irossta J J : Fa tor 


□ Minimize: When r « t c the telt A could be 
linearly approximated to: 

A= —V 

□ When Tg « t c> then: 
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□ Pulse Width Modulation 

> PDM or PWM. 

□ Pulse Position Modulation 

> PPM 


Generation of PDM 



Generation of PDM 
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Generation of PDM 
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Generation of PDM 
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Generation of PDM 
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□ Using LPF Only 

> When f s » 2f m 

□ First: 

> First: Conversion to PAM 

> Second: Using LPF 


Spectrum of PDM 



PDM Sampled with sinusoidal /(£) 
where modulation superimposed 
on the trailing edge of the pulse. 


C on version to PAM 






Ad van tages of Digital 

dulatioirj 

□ Information is only conveyed be the presence or 
absence of a pulse. 

□ Pulse shape or exact amplitude is not significant. 

□ Signals be correet regenerated on transmission. 

□ Ability of using all digital circuitry. 

□ Applicable to all forms of signal processing. 

□ Noise and interference c an be minimized using 
coding techniques. 



Digital Pulse Modulation 

□ Delta Modulation 

> Delta. 

□ Adaptive Delta Modulation 

> Adaptive Delta 


Delta Modulation 

□ DM is a digital technique in which message 
is encoded into sequence of binary symbols. 

□ It is a simple 1 -bit PCM code to achieve 
digital transmission. 

□ Operation depends on whether the sample 
is larger or smaller than previous one. 

□ Circuits to implement both modulator and 
demodulator are extremely simple. 


□ m is a stair step approximation of /(t). 

□ Modulator input is: d(t) = /(t) — f s (t) 

□ d(t) is hard-limited and multiplied by the 
pulse generator to yield the output: 
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DM Receiver 

Demodulation of DM is simple by: 

□ Integrating x c ( t) to form stair approximation f s (t) 

□ That is low pass filtered to suppress discrete jumps. 

Since LPF approximates an integrator, it is often 
possible to eliminate the integrator. 
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Granular Noise 

When changes in /(t) are less than the step size, 
DM no longer follows the signal and it produces a 
train of altemating positive and negative pulses: 

□ Similar to quantization noise in conventional PCM. 

□ When /(t) has constant amplitude reconstructed 
signal has variations that were not present in the 
original signal. 

□ It can be reduced by decreasing the step size 

(high resolution). 


Drawbacks of DM 


Overload Distortion Granular Noise 
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Slope Overload Distortion 

When the analogue signal changes at a faster 
rate [i.e, /(t) slope is too high]. 

Its slope is greater than DM can maintain. 

Can be reduced by: 

□ Increasing the clock frequency. 

□ Increasing the step size (Low resolution) 


Adaptive DM 
Transmitter 


If /(t) is relatively 

constant, the pulses 

x c (t ) will alternate sign. f( f ) 

So the dc value of LPF 
output is nearly zero 

(minimum step size) 

If /(t) increases or 
decreases rapidly, x c (t ) 
will have same polarity 
over that period. 
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So the dc value of LPF 
output is large 

(larger step size) 



Fig. 1,22 Adaptive Delta Modulation 







Adaptive DM 
Receiver 


The receiver of ADM should be adaptive also 






